Persons with sensorineural hearing impairment face a particular problem in view of decrease in frequency resolving capacity of the auditory system due to spread of spectral masking along the cochlear partition. Filtering speech signal by a filter bank and adding signals from alternate bands and presenting it to the two ears is likely to reduce the effect of spectral masking and thus improving the speech intelligibility. The scheme was implemented in real time processing for use as a binaural hearing aid. Processing for each channel is done by linear phase FIR filter having a magnitude response with pass bands corresponding to alternate critical bands, the magnitude response for the two channels being complemented. For both the filters, the magnitude response was approximated w i t h 128 coefficients using frequency sampling .technique of linear phase FIR filter design. The implementation was done on two TI/TMS320C50 based DSP boards, each having 14-bit ADC and DAC. Twelve English consonants were used for carrying out listening tests in vowel-consonant-vowel (VCV) and consonant-vowel (CV) syllables presented to six hearing impaired subjects with bilateral sensorineural hearing loss. Information transmission analysis of confusion matrices for various features show maximum improvement for the place feature.
INTRODUCTION
The sensorineural hearing impairments are characterized by increase in thresholds of hearing, reduction in dynamic range of hearing, degradation of temporal resolution and increase in temporal masking, and degraded frequency selectivity due to increase in spectral masking. Many hearing aids incorporate frequency compensation and amplitude compression. Some of the techniques currently being investigated are based on signal processing schemes such as spectral transposition, speech enhancement using the properties of "clear" speech. These are likely to increase the performance of hearing aids for persons with residual hearing as well as that of other sensory aids like cochlear prostheses and vibro-tactile aids used by profoundly hearing impaired.
The ability to perceptually combine the binaurally received signals from the two ears improve speech reception under adverse listening conditions [lo] There is a possibility that splitting speech into two complementary parts on the basis of frequency and presenting it binaurally might increase its intelligibility. Thus, the binaural hearing aid which can split the speech signal on the basis of frequency components for presenting over two ears can be helpful to hearing impaired persons with residual hearing.
The hearing aids, based on speech processing for binaural dichotic (different signal in each ear) presentation can reduce the effect of spectral masking. The objective of the present study is to investigate a scheme of splitting speech into two signals, with complementary spectra, for binaural dichotic presentation, in order to lessen the effect of reduced auditory frequency selectivity and thereby to improve speech intelligibility.
We implemented this scheme using off-line processing of speech with eighteen critical bands corresponding to auditory filters, on seven normal hearing subjects with simulated sensorineural hearing loss of varying degrees in age group of 21 to 40 years and ten hearing impaired subjects in the age group of 18 to 58 with 'mild'-to-'very severe' bilateral sensorineural hearing loss [3] 141.
The scheme was found helpful in improving speech quality, recognition scores, and transmission of features, particularly the place feature indicating the usefulness of the scheme for better reception of the spectral characteristics. On the basis of these results from offline processing, the scheme was implemented for real- Organised by the Signal Processing Research Centre, QUT, Brisbane, Australia time processing speech signal for use as a binaural hearing aid. The listening tests were carried out with subjects having bilateral sensorineural impairment.
IMPLEMENTATION
The processing scheme was implemented in which the gain of all the filter bands was kept constant. In our implementation, 18 critical bands corresponding to auditory filters, were used as described by Zwicker [14] which covers the main part of the speech spectrum. The 3-dB cut-off frequencies of the two comb filters correspond to critical bands along with the scheme of implementation are shown in Fig. 1 Figure 1 .Splitting of speech signal using two comb filters. The filter magnitude response is shown in each block (the table shows 3-dB cut-off frequencies).
processor along with an analog interface circuit (AIC) with 14-bit ADC and DAC, and a programmable timer which can be used for setting the sampling rate. The AIC also has a low pass filter at tlie input of ADC and at the output of DAC. The processing set-up as shown in Fig. 2 consists of an input low pass filter (fp=4.6 kHz, coefficients can be loaded into the progam RAM on the DSP chip using serial port interface. No data transfer takes place between the two boards. The filter responses were verified by applying swept sine wave and by obtaining averaged magnitude spectra of the filter outputs for random noise input.
EXPERIMENTAL METHOD
The scheme was tested on bilateral sensorineural hearing impaired subjects. The subjects who participated were from different part of India and they had no difficulty in clearly recognizing the test stimuli. Six hearing impaired subjects participated in the experiments. The subjects were right handed and familiar with the English. The subjects had 'mild'-to-'very severe' bilateral sensorineural hearing loss. The PTA (pure tone average hearing threshold level, test frequencies: 0.5, 1, and 2 kHz) difference between right and left ear was from 4 to 30 dB. The presentation level was kept to the subject's most comfortable listening level and presentation were made using a pair of headphones (Telephonics TDH-39P). Tests were carried out using an automated test administration system [2], to evaluate advantages of the processed signal presented dichotically over the unprocessed signal diotically (same signal in both the ears) presented. During the testing, the subject was seated in acousticaIIy isolated room.
The listening tests were carried out for obtaining stimulus-response confusion matrices among the close set of twelve English consonants Ip, b, t, d, k, g, m, n, s, z, f, VI in VCV and CV contexts, the vowel being fa/ as in 'father.' The number of stimuli were restricted to 12, so that they can be conveniently accommodated on Fifth International Symposium on Signal Processing and its Applications, ISSPA '99, Brisbane, Australia, 22-25 August, 1999 Organised by the Signal Processing Research Centre, QUT, Brisbane, Australia subject's screen in the computerized test administration system. The syllables were spoken by a male speaker.
RESULTS AND DISCUSSION
Listening tests were conducted with six hearing impaired subjects in VCV and CV contexts, for comparing the diotic presentation with unprocessed speech and the dichotic presentation with constant gain filter implementation. A compilation of subjects' qualitative assessment about the test stimuli indicated that perceptual quality improved due to processing for dichotic presentation.
The subjects showed decrease in response time due to processing which indicates an improvement in listening condition with processing. Improvement in the recognition score was observed in the case of processed speech as opposed to unprocessed, indicating the usefulness of the implemented scheme. The confusion matrices were subjected to information transmission analysis [9] in order to study the reception of specific consonant feature. All subjects have shown improvements in relative information transmission in manner, place, and voicing features and overall information transmission.
The recognition scores, for a typical subject in both the contexts, obtained from the confusion matrices averaged over five tests are given in improvement in scores are 14.3 and 12.4 in VCV and CV context respectively. In both the contexts, the subject showed highly significant improvement (p < 0.0005). The results of information transmission analysis for the same subject are given in Table 2 . In both the contexts, the overall improvements are contributed by all the three features of voicing, manner, and place. The maximum improvement is observed in case of place feature which is 23% and 19% in VCV and CV contexts respectively. As the place information is related to frequency resolving capacity of the auditory processing, one can say that the implemented scheme has reduced the effect of spectral masking. 
